Abstract-Infinite Impulse Response (IIR) filters can be designed from an analogue low pass prototype by using frequency transformation in the s-domain and bilinear ztransformation with pre-warping frequency; this method is known as frequency transformation from the s-domain to the z-domain. This paper will introduce a new method to transform an IIR digital filter to another type of IIR digital filter (low pass, high pass, band pass, band stop or narrow band) using a technique based on inverse bilinear ztransformation and inverse matrices. First, a matrix equation is derived from inverse bilinear z-transformation and Pascal's triangle. This Low Pass Digital to Digital Filter Pascal Matrix Equation is used to transform a low pass digital filter to other digital filter types. From this equation and the inverse matrix, a Digital to Digital Filter Pascal Matrix Equation can be derived that is able to transform any IIR digital filter. This paper will also introduce some specific matrices to replace the inverse matrix, which is difficult to determine due to the larger size of the matrix in the current method. This will make computing and hand calculation easier when transforming from one IIR digital filter to another in the digital domain.
I. INTRODUCTION
Currently, the most common method to design an Infinite Impulse Response (IIR) digital filter uses a reference analogue low pass prototype with a desirable class (such as Butterworth, Chebyshev or elliptic), then transforms it to another type of filter (low pass, high pass, band pass, band stop or narrow band filter) using frequency transformation in the s-domain and then converting the resulting analogue filter into an equivalent digital filter using bilinear z-transformation with prewarping frequency [1] , [2] . This method is known as frequency transformation in the s-domain to z-domain [3] , [4] The main purpose of this equation is to simplify operations involving the matrix multiplication, which will make it more effective for programming and calculating transforming one IIR digital to another.
II. ANALOG LOW PASS PROTOTYPE TO DIGITAL FILTER PASCAL MATRIX EQUATION
Frequency transformation from the s-domain to the zdomain is a method to transform an analogue low pass prototype into a digital filter (low pass with different cutoff frequency, high pass, band pass, band stop or narrow band) as shown as a block diagram in Fig. 1 . The technique uses one-to-one mapping poles and zeros on a stable region in the s-domain inside a unit circle in the z-domain [5] . The main advantage of this method is in transforming a stable designed analogue low pass prototype filter to a stable digital filter for which the frequency response has the same characteristics [6] , [7] as those of the analogue low pass filter. Let f s be the sampling frequency; f c , the cut-off frequency for the low pass and high pass digital filter; and f U and f L , the upper and lower frequency of the band pass and band stop. In the case of narrow band pass and notch digital filters, f 0 is the centre frequency and Q is a quality factor. The parameters c, t, U, L, U Q and L Q can be calculated as: 
be an anti-diagonal unit matrix: n by inserting zeros. This matrix is used when transforming low pass to band pass, band stop and narrow band filters: 
The procedure of converting an analog low pass filter to a digital filter were studied, the next section will introduce how to transform a digital low pass filter to another type of digital filter.
III. DIGITAL LOW PASS TO DIGITAL FILTER PASCAL MATRIX EQUATION
Following Table I , transforming from an analogue low pass prototype to a low pass digital filter with the cut-off frequency f c can be done using s = c[(
Applying inverse bilinear z-transformation [1] , a low pass digital filter can be converted back to an analogue low pass filter as:
Let f cn be a new cut-off frequency of the low pass digital filter and c n = cot[x(f cn /f s )]. From Table I and (2), a digital filter can be designed from a given low pass digital filter as shown in Table II . 
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Low pass to band stop The next section will introduce an alternative method to transform a low pass digital filter into another digital filter by using inverse matrices. From that, a general matrix equation is derived that is able to transform any digital filter to another.
IV. IIR DIGITAL FILTER FREQUENCY TRANSFORMATION
As discussed in Section III, a desired low pass, high pass, band pass, band stop or narrow band digital filter can be designed by transforming a given low pass digital filter. The process design is simple and uses a matrix equation as described in (3). Also from this matrix equation, a desired digital filter can be re-transformed to a given low pass digital as follows: 
Let subscript 'g' denote 'given' and 'd', 'desired'. From (3) and (4), the coefficients a d and b d of a desired digital filter can be found from a g and b g of a given digital filter as follows: (n+1; n+1) . If the main antidiagonal is the first, then all the odd anti-diagonals above it are the 3rd, 5th, 7th, … and correspond to m = 1,2,3,4, … Each element in the mth anti-diagonal can be expressed in the formula as:
The coefficients K can be calculated because all the K in the main anti-diagonals are equal to 1 and from m = 2, 3, 4, 5, … all the K in the first column are accordingly replaced with −2, +2, −2, +2, … ; all other K in all antidiagonals can be found by: 
In the case of converting band pass to band pass and band stop to band stop, there is no anti-diagonal unit matrix [I] in (8) and (9). In the case of a narrow band to digital filter, U and L are replaced by UQ and LQ in the matrix [Th] .
Equations (6), (7), (8) and (9) can be described as general matrix equations, or Digital to Digital Filter Pascal Matrix Equations, which can transform a given digital filter (the subscript 'g') into a desired digital filter (subscript 'd') as follows: 
